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VOICE SWITCHING SYSTEM CAPABLE OF IMPROVING A QUALITY OF 
CONVERSATION 

Background of the Invention: 
This invention relates to a voice switching 
system for use in a teleconference system, a hand-free 
telephone system, and the like. 

An example of such a voice switching system used 
conventionally in an electronic conference system is 
exemplified, as a first prior art, in unexamined Japanese 
Patent Publication No.Hei 1 245661, namely, 245661/1989^ 
The publication paper discloses a howling compression device 
which compares a transmission signal level with a reception 
signal level so as to detect whether or not a difference 
between both levels exceeds a predetermined value. When the 
difference exceeds the predetermined value, the howling 
compression device either the transmission signal or the 
reception signal which is delected to be lower in level. On 
the other hand, the howling compression device prevents an 
echo canceller from amending an estimated impulse response, 
when the transmission signal level is detected to be higher 
than the reception signal level. 

Another example of such a conventional voice 
switching system is exemplified, as a second prior art, in 
unexamined Japanese Patent Publication No.Hei 6-253001, 
namely, 2 5 3 001/1991. The publication paper discloses a 
voice control circuit which prevents a voice system of a 
teleconference system from an erroneous operation due tn a 
change of a transmitting input level dependent on an amount 



of echo suppression by an echo canceller. For this purpose, 
in the voice control circuit, from an aforehead section nf 
an echo canceller, an input level of a transmission signal 
is detected by q transmitting input level detector while a 
reception signal level is detected by a receiving Input 1ft v ft 1 
detector. A detection output of the transmitting input 
level detector is then compared with that of the receiving 
input level deleclor by the use of a comparator. Dependent 
on a result of the comparison, an amount of attenuation by 
a transmission signal attenuator or a reception signal 
attenuator is adjusted in the voice control circuit disclosed 
In the publication paper. 

Still another example of such a conventional 
voice switching system is exemplified, as a third prior art, 
in unexamined Japanese Patent Publication ,Vo.Hei 4-22 24 9, 
namely, 2 2 24 9/1992. The publication paper discloses a 
loudspeaking telephone system < ^y^A^li ^u u L r u 1 -1 u an amount of 
attenuation of a variable attenuator only by voices through 
a line in which an echo is cancelled. Namely, in the 
loudspeaking telephone system, an output of a microphone is 
attenuated by a primary variable attenuator,, and then, an 
output of the primary variable attenuator is sent to a line. 
A voice received through the line is attenuated by a secondary 
variable attenuator to be supplied to a speaker. Thus, an 
amount of attenuation of the primary and the secondary 
variable attenuators are controlled by the received voice of 
which an echo is cancelled in the line. 

However, all of a first, a second or a third prior 



art disclosed in each of the above-mentioned publicati 
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Paoers are such techniques as 5? 11 pp r as s i t n g h 0 v 1 1 n g . As will 
later be described more in detail ,^a n unuid till uf *t i m i n g is 
inevitably cau3ed to occur between a signal to be attenuated 
5 and a reference signal for determining an amount of 
attenuation, vhen a certain delay exists in either the signal 
to be attenuated or the reference signal. As a result, an 
attenuation is inserted within a conversation at an 
- urrapprcipr r ate " timing to deteriorate ^quality of the- 
10 conversation. 

Summary of the Invention: 

It is therefore an object of the present invention 

to provide a voice switching system which is capable of an 

appropriate switchiux Lo improve a qualityof/fconversation. 

in Other objects of the present invention will 

become clear as the description proceeds. 

According to an aspect of the present invention, 

there is provided a voice switching system comprising: 

transmitting side attenuation - meaner - for attenuating a 

/v 



20 microphone input voice signal having a first level to produce 
a , t ran am 1 t r . i ng — voice signal having a second, level; 
receiving side attenuat ion ^oa n for attenuating a ^ oooiving 
voice signal having a third level to produce a speaker output 



voice signal having a fourth level; transmitting side 
CA^ 25 control mo an - a -t'or comparing the first level of the microphone 
input voice signal with the fourth level of the speaker output 
voice signal to obtain a primary difference therebetween, the 
Ca^ transmitting side control -fl o ats - controlling, dependent on 
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the primary difference, an amount of attenuation of the 
microphone input voice signal in the transmitting side 
attenuation m e - a n n ; and receiving side c ont r o 1 <*e-a-rw- f o r 
Ck_ comparing the second level pi the itra - rre - iaitt ing voice signal 

o with the third level of t h e ^u u t i v i n 4 v oice signal to obtain 
a secondary difference therebetween, the receiving side 
°V control ' aea - ns^ controlling, dependent on the secondary 
difference, an amount of attenuation of tli£~ rec e i v in? voice 
signal in the receiving side att enuat ion 
1° The receiving side control ■ mc ana may further 

comprise: a transmitting aide signal del\y buffer for 
providing the transmitting voice signal with a\ delay time, 
the delay; time corresponding to a time^ forA which the 
&<- jfir a naui i t L i itg" voice signal returns as t h e^g-e-e-e- i v-i u g " v o i c e 
15 signal through a communication line; a transmitting side 



signal power estimation s e ct i on for estimating a signal power 
of the t r a n 3m i 1 1 i-n g voice signal outputted from the 
transmitting side signal delay buffer; a receiving side 
signal power estimation section for estimating a signal power 
20 of the receiving voice signal; a first comparator for 
comparing a primary estimated signal power of the 
- transmitting v oice signal estimated by the transmitting side 
signal power estimation section with a secondary estimated 
signal power of t h e rr m- u i v i v oice signal estiiDated by the 
'2n receiving side signal power estimation section to obtain a 
ratio therebetween; and a first attenuation amount 
calculation - means -for c a 1 c u 1 at i ng^a^§m^n t of attenuation 
in the receiving side attenuatio n ^m cans- based on the ratio 



out putted from the first ^comparator. 

The v u u i! i v I n g voice signal inputted to the 

receiving side signal power estimation section may be silent 

at the initial time when the. - t r anami tt ing voice signal is 

A 

o inputted to the transmitting side signal delay buffer. 
Ck_ The transmitting side control «a«ir*- a ay further 

comprise: a microphone input power estimation section for 
estimating a signal power of the microphone input voice 
signal; a speaker output signal delay buffer for providing 
10 the speaker output voice signal with a delay time, the delay 
time corresponding to a time for which a voice outputted from 
the speaker becomes the microphone input voice signal by a 
sound coupling with the microphone; a first speaker output 
power estimation section for estimating a signal power of the 
15 speaker output voice signal nnt.putted from the speaker output 
signal delay buffer,* a second comparator for comparing an 
estimated signal power of the microphone input voice signal 
estimated by the microphone input power estimation section 
with an estimated signal pover of the speaker output voice 
20 signal estimated by the first speaker output power estimation 
section to obtain a ratio therebetween; and a second 
attenuation amount calculation -s hidin - for calculating an 
amount of attenuation in the transmitting side attenuation 
—ml- mi - sr. based on the ratio outputted from the second 

A 

25 comparator. 

The microphone input voice signal inputted to the 
microphone input power estimation section may be silent at 
the initial time when the speaker output voice signal is 
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inputted to the speaker output signal delay buffer. 

According 1 to another aspect of the present 
invention, there is provided a voice switching system of the 
0^- type described, in which the transmitting side control -fre*fw-^ 



^ 3 may further comprise: a « r e- vo rbcrat i on ■ echo power 

estimation section for estimating a signal power of a 

c^- i e v e rbe i at i on echo signal obtained by the microphone input 

voice signal passing through — sound echo canceller; a 

A 

s » r: n n d speaker output power estimation section for 
10 estimating a signal power of the speaker output voice signal 
passing through the -^rtrrrrn^ echo canceller; a third 
comparator for comparing an estimated signal, power of the 
a t e v e r li i d t i u u -echo signal estimated by thc^ r cvG - pbc - Ma Ai-aBr— 
echo power estimation section with an estimated signal power- 
in of the speaker output voice signal estimated by the second 
speaker output power estimation section to obtain a ratio 
therebetween; and a third attenuation amount calculation 
a c a n t ~ for calculating an amount of attenuation in the 
transmitting side attenuation - mQa trsT based on the ratio 
20 outputted from the third c om p a r a t o r . 

The -fiflun^echn canceller may sequentially renew , , 
CA- an adaptive filte r f a u t Ci^sjc^ adaptive filte r ^f ac t -e-p— 

buffer bv the use of the ' iei/erbei dli o u echo, signaland a value 
^ of an adaptive filter tap Input buffer, t h e^-p-e^ri^^ 
25 echo signal being outputted from a subtractor to which the 
microphone input voice signal is inputted,, and wherein sum 
C\_ of products between the adaptive f i 1 I e i^-f*G-Uu^- o f the 
rx adao t fve^M*^ and the value of the adaptive 



filter tap input buffer is calculated in a sum of products 
operator, a result of the calculation being- .subtracted by the 
subtractor from the microphone input voice signal, thereby 
(X the rover be rat i ju echo signal being outputted. 
o Brief Description of the Drawings: 

Fig. 1 is a block diagram for shoving a 
conventional voice switching system; 

Fiff. 2 is a block diagram for showing. a voice 
switching system according to a first embodiment of the 
10 present invention; 

Fig. 3 is a block diagram for showing a reception 
side control section of the voice switching system 
illustrated in Fig. 2 ; 

Fig. 4 is a character is lie diagram for showing a 
in relation between a specific amount of attenuation of a 
reception voice power and that of a transmission voice power 
in an attenuation amount calcurating section of the reception 
side control section illustrated in Fig. 3; 

Fig. 5 is a block diagram for showing a 
20 transmission side control section of the voice switching 
system illustrated inFlg. 2; 

Fig. 6 is a characteristic diagram for showing a 
relation between a specific amount of attenuation of a 
speaker output voice power and that of a microphone Input 
25 voice power in the transmission side control section 
i 1 lustratcd in Fig. 5 ; 

Fix* 7 is a block diagram for showing a voice 
switching system according to a second embodiment of the 
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present invention; and 

^Fig. 8 is a block diagram for partially showing 



o/v\ 



0\_ A " € — ^ oimd ^ echo canceller and a transmission side control 
section of the voice switching system illustrated in Fig. 7. 
5 Detailed Description of the Preferred Embodiments: 

Referring to Fig. 1 , description i s 3 at first made 
about a conventional voice switch in order to facilitate an 
3 under s Landing of the present Invention. 

Fig. 1 is a block diagram for shoving a 
10 constitution of the conventional voice svitch. 

In Fix-. 1, a receiving voice signal received from 
a side of a communication line is inputted into a receiving 
side attenuation section 101 and a control section 103. On 
C\* the other hand, —a — m i ' ci u y li u u input voice signal gathered by 
15 a microphone 105 is inputted into the control section 103 and 
a transmitting side attenuation section 102. The control 
CA -- section 103 .contro -HT an amount of attenuation in the 

A. 

receiving side attenuation section 101 and the transmitting 
side attenuation section 102. By this control, the 
20 receiving, side attenuation section 101 attenuates the 
^e- e - e i v 1 ir% — voice signal to mn.ffn a v o i c. r Ji a - g n n - ft - r n. t o -fh f r o m a 
speaker 104. The speaker 10 't ^ c ni argo o - the f oooivin g^ y o i c e 
all over a room. On the other hand, the transmitting side 
attenuation section 102 attenuates the -m h. 1 r u p 1 1 ope - in p u - fr -* 
Ck^ 25 voice signal inputted from the microphone 105 to^-frark-e-a 
^ ^ ^rimmittin;- voice signal -b-e — output ted - to the side or the 
communication line. 

With reference to Fig. 1 continued, description 



is made as regards an operation of the conventional voice 
switch. 

In Fig. 1, the. control section 103 compares a 
level of the t- c - c o i v i ivg voice signal with that of the 
(\_ 6 ' h i iLi uyliune -1 n u u t v oice signal Inputted from the microphone 
105. As a. result of the comparison, the control section 103 
°^ -c-wrfr- i o 1 1 a the receiving side attenuation section 101 and the 

A. 3 

5 transmitt lag side attenuation section 102 so that either the 

U 7( j luv ui[ t voice signal or the rmic r op hone input voice signal 

g 10 having a lower level may further be attenuated. 

S Herein, it is assumed that for example, a remote 

end speaker vocalizes, that the ■ i u r n * iving voice signal is 



received, and that no voice, signal is inputted i n Jto the 
microphone 105. The A r oc c i v i nr vo i ce signal i s -en 1 urfl ud - over 

A * A 

15 the room by the speaker 104 through the receiving side 
attenuation section 101. The voice signal outputtcd from 
the speaker 104 turns Lo the microphone 105 to be again 
inputted thereinto. When a gain of sound coupling of the 
voice signal turning to the microphone 105 from the speaker 

20 1 04 is smaller than a gain of the control section 103, it is 
determined in the control section 103 that an input level of 
the transmitting side is smaller than an incut level of the 
^ receiving side. The control section 1 0 3 ^e-mrb-ro Mrr~ t h e 
transmitting side attenuation section 102 to make an amount 

•25 of attenuation larger. 

Next, it is also assumed that for example, a near 
end speaker vocalizes, that a voice signal is inputted into 
the microphone 105, and that no ^n r irtT rrTr$- voice signal is 
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received. The microphone i nput voice signal is transmitted 
through the transmitting side attenuation section 102. The 



O^- t r - a n an i-t t. - i - ng - voice signal thus transmitted returns as the 

e l"B i i i us voice signal through a sound coupling between the 
o speaker 104 and the microphone 105 at the remote end side. 
When a gain of the sound coupling between the speaker 104 and 
the microphone 105 is smaller than a gain of the receiving 
side attenuation section 101, it Is determined in the control 
section 103 that an input level of the receiving side is 
10 smaller than an input level of the transmitting side. The 
control sec Lion 1 0 3 c on t - r o 1 l:r t h e receiving side attenuation 

A. 

section 101 to make an amount of attenuation larger. 

However, in the conventional voice switch 

illustrated in Fix. 1, as ^^j^j^^ l[i vie amble °^ t ^ ie 

Cv 15 instant specification; -an unmati li "~o f timing is inevitably 

A 

caused to occur between a signal to be attenuated and a 
reference signal to which the control section 103 refers for 
determining an amount of attenuation, when a certain delay 
exists in a communication line, for example, in a case that 

20 a processing of voice encoding is inserted therein. A 
r.p.rta.in delay is also generated vhilfi a. vnir.fi nutputted from 
Os^ a speaker « t urn s^ to a microphone to become an input voice of 
the microphone, for example, in a case that a signal buffer 
Is Inserted preceding the ^J^ ea ^ er / ^^ t ^ e 

25 microphone input. I n c a s e > the- unmafroh - of timing is also 
caused to occur between the signal to be attenuated and the 
reference signal. An attenuation is inserted within a 
conversation at an. unappropriat ed timing to deteriorate 
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quality of the conversation. 

Now, referring to Figs. 2 through 6, de s c r i pt i on 
v i 1 1 proceed to a voice s v i t c h according to a first embodiment 
of the present invention, 
o Fix. 2 is a block diagram for showing a 

constitution of the voice switch according to the first 

embodiment. j^<m^^ 
Cv In Fig. 2, a ^i l ' lu i v in« voice signal A transmitted 

from an uniliust rated communication line is inputted into a 
10 receiving side attenuation section 1 ^and a receiving side 
^ control section 3a. A ^ -transmitting voice signal D 
attenuated by a transmitting side attennat. i nn section 2 Is 
also inputted into the receiving side control section 3a. 

The ' t r a n 3 m i tt i n g voice signal D is transmitted to the 

/ 

15 i] n i 1 1 i j s t. r a t. r d mnuinication line. 

Thus j — fc-h-e^ — r e c e i v ing voice signal A and the 
'Li&u ^milling voice signal D *b t i n g — hi p u 1 1 e d -^ the receiving 
side control section 3a compares , a level of the receiving 
Cv voice signal A and that of th e ^t r ansmi tt ing voice signal U 
20 to detect a difference therebetween. Dependent on the 
difference thus detected, the receiving side control section 
CX^ 3 a 1 1 u I 1 b - an amount of attenuation in the receiving side 
attenuation section 1., The receiving aide attenuation 
C/ ^_ section 1 attenuates t h e ^r c c c i v i n - * r voice sixnal A to produce 
25 a speaker output voice signal B. The speaker output voice 
signal B is transmitted to a speaker 4 and a transmitting side 
control section 3b. On the other hand, a voice spreading 
from the speaker 4 and a voice signal produced by a near find 
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speaker are gathered by a microphone 5 to produce a microphone 
input voice signal C. The mirrnphnne input voice signal C 
is inputted to the transmitting side attenuation section 2 
and the transmitting side control section 3b. The 
5 transmitting side control section 3b compares a level of the 
microphone input voice signal C and that of the speaker output 
voice signal B to detect a difference therebetween. 
D e y endsri L on. the difference thus detected, the transmitting 
side control section 3 b c ont p - o 1 1 $ ■ an amount of attenuation 
10 in the transmitting side attenuation section 2. The 
transmitting side attenuation section 2 produces the 
y^^-fr-r-a-tt^jLi- t t i ng ■ voice signal D. Attenuated by the 

^ transmitting side attenuation section 2, the transmitting 
voice signal D is transmitted to the un i 1 lus t rated 
15 communication line. 

Next, r c f c r r i^g to Figs. 3 and 4, detailed 
^ description is made -e4wrt- the receiving side cuutrol section 

3a illustrated in Fig 2. 

Fig. 3 is a block diagram for showing an internal 
20 constitution of the receiving side control section 3a. 
°^ In Fig. 3, the ;r c c c i v i n g - voice, signal A is 

inputted to a receiving side sign al power estimation section 
°V 32. On the other hand, they'll a us m 1 1 1 lug voice signal D is 
inputted to a transmitting side signal delay buffer 34. An 
25 output of the transmitting side signal delay buffer 34 is 
inputted to a transmitting side signal power estimation 
section 33. An output of the receiving side signal power 
estimation section ^2 and an output of the transmitting side 
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signal poKer estimation section 33 are both inputted to a 
comparator 31 to be compared wit. h- ear: h other. An output of 
the comparator 31 is inputted to an attenuation amount 
calculation section 30. The attenuation amount calculation 
o section 30 outputs a receiving 1 side attenuation amount F. 
The receiving side attenuation amount F is inputted to the 
receiving side attenuation section 1 illustrated in Fig. 2 , 
The receiving side signal power estimation 
^ section 3 2 estimates a voice signal pover^vhich is^through 
to the un i 1 1 us t rat ed communication line (lefthand side of Fig. 
2) and which is produced by a remote end speaker. The 
receiving side signal pover estimation section 32 outputs the 
estimated voice signal power to the comparator 31. The 
transmitting side signal power estimation section 33 
<K 15 estimates a voice signal pover of t he^j t pans - m - i 1 1 i -frg- voice 
signal D which is delayed through the transmitting side 
signal delay buffer 34. The transmitting side signal power 
estimation sent inn 33 outputs the estimated voice signal 
power to the comparator 3 1. 
20 The comparator 31 compares the estimated voice 

signal pov«r on tpnt ted from the receiving side signal pover 
estimation section 32 with the estimated voice signal power 
outputted from the transmitting side signal power estimation 
section 33 to detect a ratio between the both estimated voice 
2c signal power. The ratio thus detected is outputted to the 
attenuation amount calculation section 30. The attenuation 
amount calculation section 30 calculates and produces a 
receiving side attenuation amount based on the ratio of the 
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-but !r v o i c c s i gna 1 -&-e*-er — rr mu t -t cd ~*f rom the comparator 31. 
/K A. 

A r e 1 a L i u jj between the ratio and an output of the 
attenuation amount calculation section 30 is, for example, 
shown by a graph in Fig. 4. fig. 4 shows the graph in which 
-5 the ratio is depicted in a quadrature axis while the amount 
of attenuation is depicted in an axis of ordinat.es. As 
clearly shown in Fig. 4, the amount of attenuation becomes 
large when the ratio is small. On the contrary, the amount 
of at r. en u at. inn becomes small when the ratio Is large. 

Further, referring to Figs. 5 and 6, detailed 
description is made as regards the transmitting side control 
section 3 b Illustrated in Fig 2 . 

Fig. 5 is a block diagram for shoving an internal 
constitution of the transmitting side control section 3b. 

In fig. 5, the speaker output voice signal B 
output ted from the receiving side attenuation section 1 in 
Fig. 2 is inputted to a speaker output signal delay buffer 
44. The speaker output signal delay buffer 44 delays Lhe 
speaker output voice signal B to be outputted to a speaker 
output power estimation section 43. The speaker output 
p o w e r estimation section 43 estimates a power uf the speaker 
output voice signal B delayed by the speaker output .signal 
delay buffer 44. The estimated power is outputted from the 
speaker output power estimation section 43 to the comparator 
4 1. On the other hand; a microphone input- vol or sign a 1 C 
inputted from the microphone 5 illustrated in Fig. 2 is 
inputted to the microphone input power estimation section 42. 
The microphone input, pnwar estimation section 42 estimates 
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a voice signal power which is corresponding to the speaker 
4 and the microphone 5 illustrated in Fig. 2 and which Is 
produced by a near end speaker. The microphone input power 
estimation section 42 outputs the estimated voice signal 
o power to the comparator 41. The comparator 41 compares the 
estimated voice signal power of the speaker output voice 
signal B output ted from the speaker output power estimation 

J section 43 with the estimated voice signal power produced by 

the n a a. r end speaker outputted from the microphone input 

■ <x. io power estimation section 42 to detect a ratio between thc-fe^rtrtr 
estimated voice signal - power 1 . The ratio thus detected is 
outpijtterf to the attenuation amount calculation section 40. 
The attenuation amount calculation section 40 calculates and 
produces a transmitting side attenuation amount based on the 
°v I* rat to of thft - hnt. - h • voice signal powers -HtfH*44-e-eh from the 

A A 

comparator 41. The transmitting side attenuation amount is 
outputted to the transmitting side attenuation section 2 
illustrated in F t g . 2 - 

A relation between the ratio and an output of the 
20 attenuation amount calculation section 40 is, for example, 
shown by a graph in Fig. 6. Fig. 6 shows the graph In which 
the ratio is depicted in a quadrature axis while the amount 
of attenuation is depicted in an axis of ordinates. As 
clearly shown in Fig. 6, the amount of attenuation becomes 
25 small when the ratio is small. On the contrary, the amount 
of attenuation becomes large when the ratio is large. 

With reference to Firs. 2, 3 and 5 continued, 
^ description is mad e ^jTT*'V^ an operation of the voice 
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switch according 1 to the first embodiment of the present 

invention. First, a control of the receiving side 

s.r.tenuat ion section 1 is herein under described. Herein, it 

is assumed that the microphone input voice signal C gathered 

5 by the an<1 outputted therefrom exists, and that 

the r c c g i v i n g ■ voice signal A transmitted through the 

communication line does not exist, namely is silent. In 

this time, the m i c ruphone input voice signal C is inputted 

to r.hft transmitting side control section 3b and the 

10 transmitting side attenuation section 2. Since the speaker 

output voice signal B is uuL inputted Lo the transmitting side 

control sftrt ion 3b from the receiving side attenuation 

section 1, the transmitting side control section 3b outputs 

a small amount of transmitting side attenuation Lo the 

15 transmitting si rift attenuation .section 2. As a result, the 

transmitting side attenuation section 2 scarcely attenuates 

any m i c r ooh one input voice signal C but outputs the 

transmitting «v oice signal D to t. hp c pmju nication line as a 

^ transmission signal. The^- transaitting " voice signal D 

20 outputted to the communication line is subjected to a sound 

coupling with an un 11 lust rated speaker and an nni Must rated 

ca^ microphone at the remote end side. The ^trancm i 1 1 i ng - v oice 

signal D is returned as the -p-e- ce i ri n - g v oice signal A through 

the communication line. In this case, it takes about 

ca~ 25 several hundreds of milliseconds for the 4-p-a- u s m i t b i u g ""V o i c e 

°^ signal D to be returned as the -^-e-e-e^H-ft-g- voice signal A 

A 

through the communication line. . * 

^ This returned - goco t ving voice signal A is 
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inputted to the receiving side attenuation section 1 and the 
c^~n r Trrtr~ side control section 3a. In the receiving side 



control section 3a illustrated in Fig. 3, the receiving voice 
signal A is inputted to a receiving side signal power 
o estimation section 32. The receiving side signal power 
* > r. [nation section 32 estimates a signal power of the 
receiving voice signal A. Thus estimated signal power of 

□ the receiving voice signal A is oulpuLLed Lo Lhe comparator 

ry 31. On the other hand, the - transmitting -voice signal D 

in ^ 

jjj io outputted from the transmitting 3 i d c attenuation section 2 

* jf in Fig. 2 is inputted to the transmitting side signal d e 1 a y 

4- buffer .14 of the receiving side control section 3a to be 

□ delayed therein. The d e I a y e c ^tranoS?^^ voice signal D 
L is thereafter outputted to the transmitting side signal power 
j t; is estimation section 33. The transmitting side signal power 
=Q- estimation section 33 estimates a signal power of the 

transmitting voice signal D. The estimated signal power of 
°^ the ' ^Tdn^Tt^l^ voice signal D is outputted to the 
comparator 31. 

20 Accordingly, the comparator 31 compares a signal 

power of the receiving voice signal A and that of the 
r an sm i L I i ng voice signal D. In this comparison by the 
°^ comparator 31, the delayed amount of the ^trans mi tting -voice 
signal D by the transmitting side signal delay buffer 34 is 
25 adjusted to be equal to a delayed amount due to the 
communication line. In other words, the delayed amount of 
°^ the t r ansa i t t i ng* vo i c e signal D by the transmitting side 
o- s i g n a. 1 d p. 1 a y buffer 34 is adjusted to be equal to the delayed 
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°^ -eisrwrrt - ( [ n this example, several hundreds uf wi 1 1 i sec unds , 

as mentioned above) - winch is genera L*d° u n t i 1 t h e^ t ransai 1 1 1 ng 
voice signal is subjected to sound coupling by the speaker 
and the microphone with a voice produced by a remote end 
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5 speaker through the communication line and again returned as 
the r ec eivi a -g-v o i c e signal A through the communication line. 

A 

When a gain of the sound coupling does not exceed " 1 n , the 

comparator 31 outputs such a signal as increasing an amount 

of attenuation to the attenuation amount calculation section 

io 30. The attenuation amount calculation section 30 outputs 

a large amount o ^receiving side attenuation F has ad on the 

■ output by the comparator 31, namely, based on a ratio between 

\ CA ^ -btrttr*the signal p over 3 of the -recei v-i-ftg-*v o i c e signal A and 

the -Irnr nsmi I L ing voice signal D. The ^ - ar - g e-^-a^tff^e — or 

15 receiving side attenuation F is outputted to the receiving 

side attenuation section 1 in Fig. 2 . Therefore, the 

speaker output voice signal B oulpulled from Lhe receiving 

si da attenuation section 1 is never outputted as the 

<>v receiving voice signal A which -4-s — corresponding - * to the 

20 transmitting ■ voice signal D returned thruuxh the 

A 

communication line. As a result, any voice of,the receiving 
voice signal A is not outputted from the speaker 4. 

Next, a control of the transmitting side 
attenuation s ft nr. inn 2 is herein under described. Herein, it 
25 is assumed that the receiving voice signal A is inputted to 
the receiving side control section 3a through the 
communication line in Fig. 2, and that the microphone input 
voice signal C inputted through the microphone 5 is silent. 
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In this case, the receiving side control section 3a requests 
'd "small amount of attenuation' to' the receiving side 
attenuation section 1. Consequently, any -p-9trg~ i v i ng ■ vo i c e 
signal A is scarcely attenuated by the receiving side 
t attenuation section 1 and is outputted therefrom to the 
speaker 4 and the transmitting side control section 3b as the 
speaker output voice signal B. The speaker output voice 
signal B supplied Lo the speaker 4 from the receiving" side 
attenuation section 1 drives the speaker 4 to produce a voice. 
10 Through a sound coupling between the speaker 4 and the 



microphone 5, the voice I urns from the speaker 4 to the 
microphone 5 as depicted by a dotted line in Fig. 2 to ^er^ a 
microphone input. From the production of the voice to the 



sound coupling by which the vuiue is gathered with the 
15 microphone 5, delay is inevitably caused to occur. On the 
other hand, the speaker output voice signal B is inputted to 
the transmitting side control section 3b illustrated in Fig. 
5. The speaker output voice signal R is therein delayed by 
the speaker output signal delay buffer A A to be inputted to 
20 the speaker output power estimation section 43. An amount 
of delay by the speaker output signal delay t buffer 44 Is 
Cv adjusted to be equal to a delay time - yhich is g o ne i ^art-g-d"~u n t i 1 
the speaker output voice signal D is outputted from the 
speaker 4 as a voice and is gathered by the microphone 5 to 
25 be outputted as the microphone input voice signal C with a 
sound coupling between the speaker and the microphone. 

After being delayed by the speaker output signal 
delay buffer 44, the speaker output voice signal & is inputted 



to the speaker output power estimation section 43, as 
meatloned above. Therein, a signal power nf the* speaker 
output voice signal B is estimated. As a result, the 
estimated signal power of the speaker output voice signal D 
is inputted to the comparator 41. On the other hand, the 
microphone input voice signal C outputted from the microphone 
5 is inputted to the microphone input power estimation 
section 42. Therein, a signal power of the microphone input 
voice signal C is estimated. As a result, the estimated 
signal power of the microphone input voice signal C is 
inputted to the comparator 41, Accordingly, the comparator 
41 compares the estimated signal power of the speaker output 
voice signal B with the estimated 3ignal power of the 
microphone input voice signal C. 

In this comparison by the comparator 41, when a 
gain of the sound coupling between the speaker 4 and the 
in i c i up ho ne 5 does not exceed " 1 D , the cum par a Lor 41 outputs 
such a signal as increasing an amount of attenuation to the 
attenuation amount calculation section 40, Based on the 
result of the comparison by the comparator 41, the 
attenuation amount calculation section 40 ( ra. 1 c. u 1 ates a 
transmitting side attenuation amount E to be outputted to the 
transmitting side attenuation section 2 . Accordingly, the 
tr an sm i t r. i n g side attenuation section 2 largely attenuates 
t h s microphone input voice signal C with reference to the 
transmitting side attenuation amount E. Therefore, even if 
a voice outputted from the speaker 4-t4m£to the microphone 
3 and is gathered thereby, the voice is largely attenuated 



21 



by the transmitting side attenuation section 2. As a result, 
I he microphone input voice signal C Is never Included in the 
transmitting voice signal D . Thus, in the voice switch 
according to the first embodiment, even if delay is generated 
°^ 5 in a communication line or delay 1 s ■ ^^^^^^ nt * * a vo * ce 

outputted from the speaker 4 t u r n sr to the microphone 5 to 



become a microphone input, the receiving side control section 
3a and the transmitting side control section 3b are capable 
of adequate switching operations, respectively, 
ov 10 Accordingly, ^ar^quality of conversation is -s-e- improved. 

Referring Lu Figs. 7 and 8, description will 
proceed to a voice switch according to a second embodiment 
of the present invention. 

Fix. 7 is a block diagram for' showing a 
15 constitution of the voice switch according to the second 
embodiment. 

As illustrated in Fig. 7 3 the voice switch 
according' to the second embodiment has a structure similar 
to that of the first embodiment. Similar portions are 
20 designated by like reference numerals. 

As will he clearly understood by comparing Fig. 
7 v i t h F i g . 2 , ^a— r-e- f o r o nc o n u m 0 fr - a 1 3o"diff o r e nt ' from that of 
^^Hti5~ — 2— i-s^-a 1 1 a c h c d— 1 0 a » t rjLn^m^ g side control section m 
-o^ Fig. Moreover, -a — s - o u n d^ e c h 0 canceller 6 is further 

^ 2.5 provided in addition to the *o 0 n 0 t i t u t i o - n — Fig. 2 . A 
control of the transmitting side control section 3c is 
€K - related to the -s-einnt^e c h 0 canceller 6. 

Namely, the speaker output voice signal B 
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out put ted from the receiving side attenuation section 1 is 
rid I only outputted to the speaker 4 hut also inputted to the 
^ transmitting side control section 3c through t h e ^mr&^ct o 
canceller 6. On the other hand, the microphone input voice 
■5 signal C outputted from the microphone 5 is also inputted to 
^ t h e_ s o u - n e c h o canceller 6 to be outputted therefrom as a 
^ ^ rcvcrbcratie -a-echo signal 6. Th ^ reverb e ration -echo signal 
G is supplied to both the transmitting side attenuation 
section 2 and the transmitting side control section 3c. 
10 Other portions are similar to those of the first embodiment 
illustrated in Fig. 2 . 

Referring to Fig, 8. with reference to Fig. 7 
°^ continued, description is made as ■ r cgards - the rJOUtid- echo 

A. >V 

canceller 6 and the transmitting side control section 3c. 
Fig. 8 is a block diagram for shovin^internal constitutions 



of the --fftrnTrd^ccho canceller 6 and the transmitting side 

control section 3c. 

As illustrated in Fig. 8, the transmitting side 

control section 3c comprises an attenuation amount 

20 calculation section 50, a comparator 51, a -t i v l i b u i a t i un «e chu 

A- 

p o v e r R s t i m a t i n n .section 5 2, and a s p e a k e r^ojAtji^^ over 
Ca^ estimation section 53. On the -other hand 3 t h e -e-e-a-frd^e c h o 
canceller 6 comprises an adaptive filter Gl and a subtracter 
6 5. The adaptive filter 61 comprises an adaptive filter tap 
25 input buffer 82, ^ sum of products- operator 63 and an adaptive 
c/v " filter '4^r^^^^xttt^' 64. The above-mentioned microphone 

input voice signal C outputted from the microphone 5 is 
inputted to the subtracter 6 5. Further, an output of the 
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sum of products operator S3 is also inputted to the subtractor 

ex. As s ho vn in Fig. 8 . the rcverberat i -a-a. e^y h o signal 

A. 



G is outputted not only to the - rev e rberation - echo power 



estimation section 52 in the transmitting side control 




echo canceller 6. The speaker output voice signal B 
outuutted from the t r an si i tt i n? side attenuation section 1 
illustrated in tig. 7 is inputted to the adaptive filter tap 
10 input buffer 62. An output of the adaptive filter tap input 
buffer 6 2 is inputted Lo Lhe speaker output power estimation 
section 53. 

The adaptive filter 81 sequentially renews, an 
Ca, adaptive filter -f ai tui ^stured iu the adaptive fi 1 1 e r- f a c ttn~ 

°^ *c buffer 5 4 by the use of the reverberation 'echo signal G and 

A 

a value of the adaptive filter tap input buffer B 6 2 ; f lhe sum 



^ of products between the adaptive f i 1 1 e r r^&e+oT^ of the 
adaptive f i 1 t. a r^- f a. c t n r * h u ffer 64 and the va I n fi n f the adaptive 
filter tap input buffer 62 is calculated in the sum of 
20 products operator 03. A result of the calculation is 
o i] t. p u r. t a rj to thft subtracter fi5. The subtractor fin subtracts 
the result of the calculation in the sum of products operator 
63 from the microphone input voice signal C to produce the 
^r e v c r b o r a - t 1 o n ■ echo signal G. The speaker output power 
•25 estimation section 53 estimates asignal power of the speaker 
output voice signal B . The estimated signal power of the 
speaker output voice signal Bis outputted to the comparator 
51. The reverberation - echo signal G is inputted to the 
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Ca < reverberation ■ echo power estimation section 52 in the 

transmitting side control section 3c. The comparator 51 
compares a signal power of the speaker output voice signal 
3 with a signal power of $ voice of a near end speaker 
i o u t o u 1 1 e d from t h e to v e rba rut ion - echo power estimation 
section 52 to detect a ratio therebetween. The ratio is 
out- putted from' the comparator 51 to the attenuation amount 
calculation seatipn 5 0. The attenuation amount calculation 



sactinn 5 0 ■ ca 1 c u 1 a t. o r and - decide* an amount nf transmitting 
10 side attenuation based on the ratio inputted from the 
comparator 51. The amount of transmitting side attenuation 
is mi tpn 1 t p rj t.n the transmitting side attenuation section 2 
in Fig. 7 . 

In the second embodiment, the adaptive filter tap 
in input buffer 62 in Fig. 8 functions similarly to the speaker 
output signal delay buffer 44 in the first embodiment. 
Accordingly, the speaker output signal delay buffer 44 in the 
first embodiment can be replaced with the adaptive filter tap 
input buffer 6 2. With this structure, in which the voice 
20 switch of the present invention is used together with the 
^ oundv echo canceller 6. the speaker output signal delay 
buffer required for delaying the speaker output voice signal 
can be omitted. Further, with reference to a result of study 
of factors in the adaptive filter 61, an amount of delay of 
25 the speaker output voice signal B can be controlled. 

As described above, according to the present 
invention, a level of the speaker output voice signal and a 
level of the microphone input, voice signal are compared with 



each other in I he I ran 5 id I L L I ax side control section. 
°^ D-p-ndent on a difference between- the 1 bo t -h » 1 e ve 1 s , the level 

of the microphone input voice signal is attenuated to obtain 
the - Ir ciiisai tt in g- voice signal. Further, a level of the 
°^ 5 " I ' Hiirt Hny voice signal and a level of t. h e ■ t r n .n fl - m i 1. 1 . i -ft-g-v nice 
signal are compared with each other in the receiving side 
^ control section. Dependent on a difference between th e-^-crtir^ 



1 e v ft 1 s , t h ft 1 r v ft I of t h e-r 0 c o - i v i ng* v n i r. p. s i g n a 1 i s attenuated 

to obtain the speaker output voice signal. Therefore 3 even 

<> ^ 10 if a delay i s--^rrr^-r^ar^-^4^unt i 1 a voice outputted from the 

°V speaker -t.11 r n s. to t h ft microphone to hscnme the microphone 

input voice signal, or even if a delay exists in the side of 

a communication line, switching operations can be carried out 

-VuL 

adequately. Accordingly, uality of conversation can be 

15 further improved. 

While the present invention has thus far been 
described in conjunction with only a preferred embodiment, 
thereof, it will now be readily possible for one skilled in 
the art to put the present invention into effect in various 

20 other manners. 



